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EVALUATION 


This  report  summarizes  work  aimed  at  evaluating  the 
performance  obtainable  over  the  tactical  troposcatter  channel 
by  utilizing  a  new  channel  measurement  or  soft  decision  decoder 
in  conjunction  with  the  previously  built  Interleaved  Golay 
(21.12)  encoder.  Performance  results  indicate  minimal  improve¬ 
ment  over  the  previous  hard  decision  or  binary  decoder  used  to 
decode  the  Interleaved  Golay  (24,12)  encoder.  Within  the  cost 
constraints  of  this  effort  the  question  as  to  whether  the 
problem  of  not  confirming  the  expected  results  lies  within  the 
hardware  implementation  (MLT  Modem,  Interleaver,  Golay  (24,12) 
Encoder,  Channel  Measurement  Decoder)  or  in  theoretical 
(estimates  of  performance  is  still  open. 

Previous  performance  of  the  Maximum  Likelihood  Modem  used 
in  conjunction  with  the  Interleaved  Golay  (24,12)  encoder  with 
hard  decoding  has  certainly  indicated  substantial  performance 
improvement  in  the  tactical  troposcatter  communications  arena. 
Although  the  performance  improvements  via  channel  measurement 
decoding  is  still  undecided,  key  data  on  the  effectiveness  of 
this  decoding  technique  in  the  face  of  pulse  jamming,  does 
improve  our  arsenal  of  techniques  utilizable  against  enemy- 
jamming  of  tactical  troposcatter  links.  Based  on  this,  it  is 
important  to  note  that  a  bandwidth  efficient  ma  em  (MLT  Modem), 
is  the  key  to  unlocking  the  benefits  coding  brings  to  the 
tactical  troposcatter  arena  whether  under  normal  operation  or 
in  a  jamming  environment. 


"  c  *  \i.  k- 

PAUL  SIERAK 
Project  Engineer 
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SECTION  1 


INTRODUCTION 


The  object  of  this  program  is  to  theoretically  investigate 
and  experimentally  verify  the  performance  improvement  possible 
by  the  use  of  channel-measurement  (soft-decision)  information 
when  decoding  an  interleaved  (24,12)  Golay  code.  During  the 
previous  troposcatter  communications  contract,  F30602- 74-C-0133 
[1.1], [1,2],  a  hard  decoder  for  a  (24,12)  Golay  code  was  imple¬ 
mented;  experimental  results  obtained  indicated  that  significant 
performance  gains  are  possible  by  hard  decoding  even  with  delays 
as  short  as.  138  ms.  This  program  is  concerned  with  obtaining 
bit  reliability  information  from  the  maximum- like lihood  demodu¬ 
lator  and  using  this  information  to  enhance  the  performance  of 
the  (24,12)  Golay  code  by  implementing  an  effective  soft-decision 
decoding  algorithm  [1.3].  The  equipment  developed  under  Contract 
No.  F30602-74-C-0133  is  modified  to  include  this  additional  mode 
of  operation,  with  the  original  mode  of  operation  still  being 
retained . 

The  theoretical  coding  gains  when  bit  errors  occur  indepen¬ 
dently  (no  constraint  on  decoding  delay)  is  determined  in 
Section  2  and  is  summarized  in  Table  1-1.  This  table  illustrates 
that  as  the  available  diversity  increases,  be  it  implicit  (in- 
band  multipath)  or  explicit  (space  or  frequency  diversity),  the 
coding  gains  decrease.  Fortunately,  the  estimated  loss  in  per¬ 
formance  due  to  correlated  bit  errors  also  decreases  as  the 
order  of  diversity  increases,  as  indicated  in  Table  1-2.  These 
two  tables  indicate  that  even  for  highly  correlated  bit  errors 
channe 1 -measurement  decoding  should  offer  at  least  an  additional 
2-dB  coding  gain  in  addition  to  the  5-  to  7-dB  coding  gain  al¬ 
ready  achieved  by  binary  decoding.  These  predictions  are  based 
on  the  assumption  that  the  available  diversity  is  3  or  4  and 
that  Bt  =  0.01.  For  the  Golay  code,  the  decoding  delay  is  given 
by  T  =  23 r,  so  that  Br  =0.01,  corresponding  to  a  decoding  delay  of 
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TABLE  1-1 

THEORETICAL  CODING  GAINS  AT  A  BIT  ERROR  PROBABILITY  OF  10 


Available 

Diversity 

Binary 

Decoding 

Channel 

Measurement 

Decoding 

Difference  Between 
Binary  and  Channel 
Measurement  Decoding 

1 

26.4  dB 

33.6  dB 

7.2  dB 

2 

12.4  dB 

16.4  dB 

4.0  dB 

3 

8.4  dB 

11.8  dB 

3.4  dB 

4 

6.4  dB 

9.3  dB 

2.9  dB 

8 

4.0  dB 

6.4  dB 

2.4  dB 

TABLE  1-2 


ESTIMATED  LOSS  IN  PERFORMANCE  DUE  TO  CORRELATED  BITS 
AT  A  DECODED  ERROR  RATE  OF  10"5 


Order  of 
Diversity 

Br  =  0.01 

Bt  =  0.02 

Bt  =  0 .05 

Bt  =  0 . 2 

1 

10.4  dB 

8.1  dB 

4.5  dB 

0.7  dB 

2 

3.2  dB 

3.0  dB 

2.5  dB 

0.6  dB 

3 

1.4  dB 

1.3  dB 

1.2  dB 

0.5  dB 

4 

1.0  dB 

0.8  dB 

0.7  dB 

0.4  dB 

8 

0.3  dB 

0.3  dB 

0.3  dB 

. 

0.2  dB 

-3 


Thus,  for  a  fading  bandwith  of  B  =  5  Hz,  a  decoding  delay  of 
on  Lv  46  ms  is  required  for  Bt  =0.01. 

The  actual  experimental  results  are  presented  in  Section  3. 
The  most  encouraging  results  were  obtained  for  a  test  which 
simulated  pulse  interference.  This  preliminary  test  was  per¬ 
formed  to  determine  the  maximum  pulse  duration  which  can  be 
corrected  with  and  without  channel-measurement  information.  A 
separation  of  r  =  48  ms  between  code  digits  was  used  for  this 
experiment.  As  the  pulse  width  was  increased,  the  performance 
of  the  binary  decoder  started  to  deteriorate  for  pulse  durations 
exceeding  140  ms.  The  channel-measurement  decoder  was  able  to 
operate  error-free  for  pulse  durations  up  to  280  ms.  These 
results  agree  very  well  with  theory  since  a  triple  error- 
correcting  binary  decoder  should  operate  successfully  with 
pulses  of  duration  less  than  3r  =  144  ms.  The  channel-measurement 
decoder  should  double  the  error-correcting  capabilities  [1.3] 
or,  equivalently,  operate  with  pulse  durations  of  approximately 
twice  the  length  handled  by  a  binary  decoder. 

The  experimental  results  for  the  three  multipath  profiles 
considered  in  Section  2  fell  considerably  below  that  predicted 
by  theory.  A  3-dB  gain,  due  to  the  use  of  channel-measurement 
information,  was  obtained  for  the  flat  fading  channel.  This 
gain  is  approximately  4  dB  less  than  predicted  by  theory.  The 
gains  due  to  the  use  of  channel-measurement  information  for 
profiles  3  and  5  were  quite  small  and  fall  a  few  dB  below  that 
predicted  by  theory. 

This  discrepancy  between  theory  and  experimental  results 
remains  an  open  question  which  should  be  resolved  by  future  work 
in  this  area. 
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SECTION  2 


THEORETICAL  PERFORMANCE  PREDICTIONS 


In  this  section  theoretical  performance  estimates  are  ob¬ 
tained  for  the  improvement  in  performance  when  channel  measure¬ 
ment  decoding  of  the  Golay  code  is  used  for  tactical  troposcatter 
communications.  These  theoretical  results  are  used  to  predict 
the  performance  gains  for  the  multipath  profiles  considered  in 
Rome  Air  Development  Center  Contract  No.  F30602-74-C-0137  [2.1], 
[2.2]. 


The  first  portion  of  this  section  gives  the  ultimate  per¬ 
formance  possible  if  decoding  delay  is  not  a  constraint,  i.e., 
the  performance  is  given  when  code  bits  are  statistically  inde¬ 
pendent.  Performance  with  a  decoding  delay  constraint,  which 
introduces  dependent  errors,  is  estimated  in  Section  2.2.  An 
important  result  included  in  Section  2.2  is  a  simulation  illus¬ 
trating  that  for  a  completely  correlated  (zero  delay)  Golay  code, 
which  is  decoded  with  channel  measurement  information,  a  coding 
gain  of  2.5  dB  is  achieved  at  a  bit  error  probability  of  10"^ 
when  a  quad  diversity  channel  is  assumed.  This  result  implies 
that  even  a  signal  diversity  channel,  with  a  fourth-order  in-band 
diversity,  can  satisfy  the  above  conditions.  Thus,  it  is  anti¬ 
cipated  that  significant  performance  gains  can  be  achieved  with 
minimum  decoding  delay.  Finally,  in  Section  2.3,  techniques  for 
obtaining  meaningful  channel  measurement  information  for  use  by 
the  Golay  decoder  are  presented. 

2 . 1  Performance  with  Independent  Code  Bits 

The  ultimate  performance  gains  possible  for  the  Golay  code 
with  binary  and  channel  measurement  decoding  are  obtained  under 
the  assumption  that  code  bits  are  interleaved  sufficiently  such 
that  errors  occur  independently.  Under  this  assumption,  the 
performance  is  readily  obtainable  by  the  equations  given  ir 
[2.3],  The  performance  results  for  binary  decoding  are  given  by 
Eq.  (22)  of  [2.3],  which  is  closely  approximated  by 

Pb  *-  1771  p4  (2.1) 
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This  upper  bound  on  decoded  bit  error  probability  is  quite  tight 
for  values  of  raw  (undetected)  bit  error  rates  p  below  10”^,  and, 
thus,  is  sufficient  to  estimate  decoded  error  probabilities  of 
10"5.  For  channel  measurement  decoding,  Eq.  (21)  in  [2.3]  for 
the  Go lay  code  becomes 

P  w  253  [ 8t^-order  diversity]  (2.2) 


where  Pr[8t^1-order  diversity]  is  the  performance  for  a  given 
channel  under  the  assumption  that  8t*1-order  (time)  diversity 
is  available.  Thus,  if  the  channel  without  coding  behaves  as 
a  dual-diversity  channel,  the  use  of  the  Golay  code  with  channel 
measurement  decoding  will  increase  the  effective  diversity  to 
that  of  a  16t^-order  system.  Note,  of  course,  that  the  per¬ 
formance  with  coding  has  a  multiplicative  factor  of  253;  when 
plotted  as  a  function  of  E^/Nq,  the  performance  curve  must  be 
penalized  by  3  dB  for  the  rate- 1/2  code.  Nevertheless,  Figures 
2.1  through  2.5  indicate  the  significant  coding  possible  by  use 
of  this  code.  These  results  are  for  a  flat  Rayleigh  fading 
channel  with  the  order  of  diversity  varying  from  L=1  on  Figure 
2.1  to  L=8  on  Figure  2.5.  Results  of  this  nature  are  also  useful 
for  predicting  the  performance  possible  when  in-band  diversity  is 
present  due  to  multipath  or  if  space/frequency  diversity  is 
actually  available.  Table  2-1  summarizes  the  theoretical  coding 
gains  at  10"5  for  binary  decoding  and  for  a  practical  channel 
measurement  decoding  algorithm  such  as  algorithm  2  in  [2.4]. 

For  completeness,  the  same  performance  curves  are  also 
plotted  on  Figures  2.6  through  2.10  as  a  function  of  the  signal- 
to-noise  ratio  per  transmitted  (encoded)  bits,  i.e.,  as  a  func¬ 
tion  of  Et/N().  The  signal-to-noise  ratio  per  transmitted 
(encoded)  bit  is  given  by: 


(2.3) 


where  Pr  is  the  received  power,  Nq  is  the  noise  power  density 
per  Hz,  and  D  is  the  transmitted  data  rate.  When  coding  is  not 
used. 


E  E 

—  =  —  (no  coding) 
0  0 


(2.4) 
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TABLE  2-1 

THEORETICAL  CODING  GAINS  AT  A  BIT  ERROR  PROBABILITY  OF  10 


Available 

Diversity 

Binary 

Decoding 

Channel 

Measurement 

Decoding 

Difference  Between 
Binary  and  Channel 
Measurement  Decoding 

1 

26.4  dB 

33.6  dB 

7.2  dB 

2 

12.4  dB 

16.4  dB 

4.0  dB 

3 

8.4  dB 

11.8  dB 

3.4  dB 

4 

6.4  dB 

9.3  dB 

2.9  dB 

8 

4.0  dB 

6.4  dB 

2.4  dB 
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However,  in  our  case,  the  actual  information  data  rate  is  R  b/s 
which  is  less  than  D  b/s  because  of  the  redundancy  inserted  by 
the  error-correcting  code.  Since  the  code  rate  is  given  as 


1 


we  have 


r 


R  =  1 
D  2 


P 

r 


N0R 


(with  coding) 


(2.5) 


(2.6) 


For  system  performance  evaluation,  a  plot  as  a  function  of 
E^/Nq  is  desirable.  However,  for  testing  coding,  a  plot  of 
error  probability  as  a  function  of  E^/Nq  is  convenient  since 
the  raw  bit  rate  before  and  after  decoding  is  shown  at  the  same 
signal-to-noise  ratio.  A  block  diagram  of  the  interleaved  Golay 
code  and  modem  is  illustrated  in  Figure  2.11. 

2 . 2  Performance  Estimate  with  Dependent  Code  Bits 

The  purpose  of  this  section  is  to  investigate  the  perfor¬ 
mance  of  these  coding  schemes  when  a  limited  amount  of  storage 
is  available  or,  equivalently,  when  a  constraint  on  data  delay 
is  imposed. 

When  the  bit  separation  for  the  interleaved  code  is  not 
large  enough,  there  is  correlation  between  bits  within  a  code 
block  at  the  output  of  the  deinterleaver.  To  a  first  approxi¬ 
mation,  which  agrees  quite  well  with  experimental  results,  we 
will  assume  that  a  given  hit  depends  on  its  adjacent  bits  only 
and  is  independent  of  bits  which  are  nonadjacent.  Thus,  a  model 
for  this  situation  is  given  by  a  Markov  chain,  as  shown  in 
Figure  2.12.  There  are  two  possible  states  in  the  Markov  chain: 
state  0,  the  good  state;  and  state  1,  the  bad  state.  In  other 
words,  when  a  bit  error  is  incorrect,  the  chain  enters  state  1 
and  when  a  bit  is  received  correctly,  it  enters  state  0.  The 
conditional  probabilities  are  given  by: 

s  =  Prlpresent  bit  is  incorrect  previous  bit  is  correct]  (2.7) 


and 
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Figure  2.11  Block  Diagram  of  a  Tropo  System  Utilizing 
an  Interleaved  Code 
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Prtpresent  bit  is  incorrect i previous  bit  is  incorrect j 


(2.8) 


It  is  obvious  that  the  bit  error  rate  p  is  just  the  probability 
of  the  chain  being  in  state  1.  The  transition  matrix  of  the 
Markov  chain  is  given  by: 


1-s 


A  = 


s 


1-r 


r 


(2.9) 


The  steady-state  probability  distribution  is 


Pr- state  CH  -  1  -  p 


PrJ state  ll  =  p  =  bit  error  rate 


(2.10) 

(2.11) 


so  that 


1-P 


LPJ  LP  J 


1-P 


(2.12) 


For  L=1  (no  diversity),  the  joint  density  of  RiR2>  where 
R^  and  R.2  are  two  correlated  envelope  values,  is  given  by  [2.5]: 


^1^2 

P  RlR2 

exp 

1 

1  2  2  \" 
[ri  r2 

1(R1R2;  2  2..  2 . 

a  2  ( 1  -  P  ) 

I0 

(1  -  P2)^ia2 

2(1  -  p2) 

2  2 
W  °2l\ 

(2.13) 
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where  p  is  the  correlation  between  the  two  underlying  complex 
C>aussian  random  vectors  and  a?  is  the  power  in  one  component  of 
either  vector.  p  is  related  to  the  bit  separation  r  by  the 
relation 


2?  2 
TT  B  T 


(2.14) 


where  B  is  the  rms  bandwidth  of  a  fading  path.  Iq(x)  is  the 
zero-order  modified  Bessel  function  of  the  first  kind.  Assuming 
that  the  average  power  remains  constant  in  time  and  that  each 
path  has  unity  average  power,  then  o4  =  l/2,  and 


4R  R 

f(R  R  )  =  — 

Z  1  -PZ 


2  R1R2 


Kt  +  Rl 


(2.15) 


2  th 

”hus ,  defining  S^  =  R.  to  be  the  power  in  the  i  baud, 


f(sLs2)  = 


2p 

,1  -P2 


•ih)  exp  -  77; 


(s1  +  s2) 


(2.16) 


Obtain  the  joint  moment  generating  function  defined  by 
<PS(£)  =  E  exp(-(£,S>)  =  E  exp(-  p1S1  -  P2S2) 
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J  dS2  exp 

'(i  2  +  P' 

2  )  S  2 

0 

L  u  -  p 

/ 

1  +  Pi  (i  -  p  ) 


—  /  dS2  exp{-S 
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1 

1-P2 

l  +  pi(l  -p2)  .  2. 

1  1  +  p9  (1  -  P  )  -  - 

2 
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r\ 

l  +  pL(l-p  ) 

1 

-  p 

1  +  pL(l  -p2) 

-1  +  P2(l  -p2) 

2 

“  P 

(2.17 
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Let 


then 


os(£)  =  - 2 — ^ 7 

1  +  ?ip2M  +  (pl  +  p2)v  -  pZ 

=  _ l _ _ 

1  +  pl  +  p2  +  pip2u  (2-!8) 

th 

tor  L  -order  diversity  maximal  ratio  combining, 

S  =  y  r ( 1 ) 2  s  -  v  (2 )2 

1  Y  k  2  ~  T  rk  '2‘19) 

where  r^1^  is  the  envelope  value  for  the  kth  path  for  bit  i. 
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(0  (£;L) 


=  E 


exp 


ft  p 


K=1 


,S',)] 

(l)2 

L  Pi  rk 

L 

-  E  p2  ] 

L 

i 

l  n  r(I)2 

n  r(2)2\ 

V  P1  k 

P2rk  ) 

(2  )' 


by  indepen¬ 
dence  of 
paths 


[°s(£)] 


t  +  +  p2  +  p1p2m]1 


(2.20) 


This  can  be  inverted  to  yield: 

\L- 1 


f(S;L)  = 


1  I  (yFEl 

l-p2pL'1 


exp  - 


S1  +  S2 
1  ~P‘ 


2£L 


L-W 


yJsiszj 

(2.21, 


Alternately  defining  | 


\yfs~2 ) 


f(x,y;L)  = 


4  1  (xy) 

1-p2  dL‘1  (L-  1)! 


,  we  obtain 
2  ,  2 


exp 


(-77 


(2.22) 


th 


where  I  (x)  is  the  L-l  -order  modified  Bessel  function. 
1_»*  1 


2-20 


V 


Given  x  and  y,  then  the  probability  of  a  double  error  in 


.  O 

additive  noise  with  variance  a  is 


-x 


P(eLe2 


X’y)  "  I  Vic 
-  0(f)  C) 


exp 


(£\ 

2a2) 


dn 


vs-  expr  2a2i 


/  nE\ 


dnr 


(2.23) 


where 


Q(z ) 


‘  /  vfe  exp(‘  t) 


exp  ( -  —  ]  dt 


(2.24) 


the  probability  that  a  unit  normal  exceeds  the  argument.  Thus, 


P(ele2>  '  Ex,y[P(ele2lx's') 

cc  so 

-  //  0(f)  C 


(xy ) 


2  ,  2  \ 


0  0 


2  I  - 1 

1  -P  (L-  l)!pL 


exp 


_  x  +  y 


1-P  ) 

'  IL-l| — ^ ~2  xyj  dx  dY  (2.25) 


A  power  series  expansion  for 


is  : 


I 


L-l 


2  2  2 
P  x  y 


K 


K!  r(L  +  K) 


(2.26) 
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The  integral,  therefore,  is: 


P(eLe2> 


00  CO 

-//<** 

0  0 


f)  «*(?) 


,  vL  /  2,  2W  -L-1 

-Cxx} _ exD ( -  x-+y-  /.-ff-xy 

1  -  n,  L-l  P\  ,  2  /I  2, 

1-p  (L-l)!  p  '  1-p  ''1-p 


2  2  2 

p  *  y... 

f  1  -o2)2 
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K=0 


K!  r(L  +  K) 


dx  dy 


1-p2)  J 
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CO  00 
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2\l  (L-l)!  '  K!  r(L  +  K) 

1  K=0 


CO 
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2L+2K-1 


*  exp| — ^-crldx 


1-P 


(2.27) 
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The  squared  integral  may  be  reduced  in  the  following  way: 

For  a  diversity  channel  with  signa 1-to-noise  ratio  per 
path  of  y,  with  binary  CPSK  modulation,  the  probability 
of  error  given  S,  the  normalized  total  signal  strength, 
is  : 


QWf)‘Q(^ 


(2. 


The  distribution  of  S  is  a  2L  degree  of  freedom 
random  variable.  Thus, 


.  L- 1 


f(S)  = 


(L-  1)! 


(2, 


and 


Pe 


-  /  (lTHT  e'S  QU 


e  Q  1  \  2y  SI  ds 


(2 


th 


where  Pe  is  the  bit  error  rate  for  the  L  -order 
diversity  channel.  Letting  S =  (x^ ) / ( 1  -  p ^ )  ,  we  have 


Pe  =  /  ( L  -  1 ) !  exp 

t ) 

t  h 

Thus,  for  L+K  -order  diversity, 

2L+2K-1 


2L-2 


(*)  ’(/S-) 


c 


Pe  = 


U-p2) 


L+K 


( 


2x*~~ '  Z  /  -x  \  n(  I  2 

(L+K-l)!  eXP\L  _p2/  QU  1  - 


221 


x 


.’.  The  integral  in  (2.27)  is 


w> 


p 
L+K 


for  L+K^-order  diversity,  where  y=  — — m 

2  a 


(L  +  K  -  1)! 
2 


x  Pe 


28) 


29) 


30) 


.31) 
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Therefore,  the  desired  probability  is: 


co 


Since  a  = -^ — ,  vhere  y'  is  the  signal-to-noise  ratio  of  a  single 
path,  then 


(2.35) 


and  y'  is  the  SITR  per  path  [2.6]. 

As  a  check,  observe  that  as  p  -*  0  only  the  first  term  in 
the  outer  sum  is  retained,  so  that 


P(ele2>  = 


Pe2  (l*^- order  diversity ;y  1 ) 


L-i\  „  2/Tth 
0 


o  2I rth  2\ 

=  Pe  [L  ;y  )  = 


(2.36) 


which  is  exactly  the  result  expected  for  independent  bits. 


The  limit  as  y ' -* «  is  now  found.  The  probability  of  bit 
error  in  L^-order  diversity  approaches 


(T) 

,L 


',2.37) 


Thus , 


L  +K-1 


P(e  e  )  =  (l-p2) 

0  \  K  / 


2K 


/2L+  2K  -  1\ 
\  L  +  K 


1 2L+2K | 


=  1- 


E 

0 


'L  +  K  -  l\ 


K 


y  (1  -  p2) 

'2L  +  2K  -  1\2 
2K  \  L  +  K 


2L+2K 


y  '  (1  -  p)‘ 


2L+2K 


(2.38) 


t 

at  high  SNR  only  the  zero  term  contributes  so  that 


p(eie2>  "*  r  "  p 


l‘\  1 


2L-  1 
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/■2L  (1-p2) 
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2L 


,2L 


(i-p2)L 


1-p2) 


(2.39) 
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Thus  r,  the  conditional  probability,  is  given  by: 


r 


P<ele2> 


for  high  SNR. 


(i-P2) 


(2.40) 


The  value  of  s  follows  directly  from  the  steady-state 
Markov  properties  or,  equivalently,  can  be  obtained  directly 
from  the  joint  probability  space  as 


_  P(e,e9) 

s  ’  p(e2’ci>  -irpiT) 


P(e2>  ‘  P(eie2)  =  p  -  pr 


1  -  P(e1) 


1  -  p 


(2.41) 


When  Bt  (or,  equivalently,  p)  and  p  are  specified,  we  can 
generate  all  possible  error  probabilities  iteratively  by  the 
following  relations: 


fQ(N,i)  =  s  fi(N-l,i-l)  +  (1-s)  f0(N-l,i)  (2.42) 

f  (N,i)  =  r  f1(N-l,i-l)  +  (1-r)  fQ(N-l,i)  (2.43) 


where  fg(N,i)  is  the  probability  of  having  i  errors  among  N  bits 
assuming  start  at  state  S.  To  initialize  the  iteration  pro¬ 
cedure,  we  have 


f 0 (i ’ i )  =  s  r1-1 

(2.44) 

f1(i,i)  =  r1 

(2.45) 

f0(N,0)  =  (l-s)N 

(2.46) 

f L (N»0)  =  (l-r)(l-  s)N_1 

(2.47) 
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Once  f g ( M , i)  are  computed  for  all  i,  then  the  block  error  rate  P 
for  a  block  code  can  be  computed  as 

e  e 

P  =  1  “  P  2  fi(N,i)  "  (L"P>  XI  f0(N’i} 

i=0  i=0 

N  N 

=  P  2  fl(N,i)  +  (1  -  P)  f0(N,i)  (2.48) 

i=e+l  i=e+l 


where  e  is  the  number  of  errors  within  a  code  block  which  can  be 
corrected . 


Let  us  denote  p^  as  the  average  number  of  decoded  errors 
when  the  actual  number  of  channel  errors  is  i.  It  is  obvious 
that 


-0  for  Os  is  e 


(2.49) 


Once  the  H ' s  are  known,  the  decoded  bit  error  rate,  p^,  for  the 
block  code  is  given  bv 


P 


b 


N 

^  +  (L_P)  f0(N,i) 

i-e+1 


(2.50) 


The  exact  value  of  d^  depends  on  the  weight  distribution  of  the 
code.  Unfortunately,  the  weight  distributions  of  block  codes 
are,  in  general,  hard  to  obtain.  In  this  case,  some  approximate 
values  for  can  be  obtained  if  the  numbers  of  codewords  for  a 
few  of  the  lowest  weights  are  known.  For  the  case  of  the  Golay 
(24,12)  code,  the  entire  weight  distribution  is  known;  thus,  all 
the  values  for  ^  can  be  computed. 


The  value  in  Table  2-2  are  obtained  from: 


i  +e 

E 

k=i  -e 


"k  ’“k 


(k " i}  v\  +  i 


(2.51) 
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TABLE  2-2 


WEIGHT  DISTRIBUTION  AND  OF  GO LAY  (24,12)  CODE 


i 

n.  = Number  of  Codeword 

1  of  Weight  i 

8. 

l 

0 

1 

0 

1-3 

0 

0 

4 

0 

4 

5 

o 

8 

6 

0 

120/19 

7 

0 

8 

8 

759 

8 

9 

0 

2637/323 

10 

0 

3256/323 

11 

0 

3656/323 

12 

2576 

12 

13 

0 

4096/323 

14 

0 

4496/323 

0 

5115/323 

16 

759 

16 

17 

0 

16 

18 

0 

336/19 

19 

0 

16 

20 

0 

20 

21  -  23 

0 

24 

24 

1 

24 
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where  is  the  number  of  codewords  of  weight  k,  and  m^  is  the 
number  of  ways  that  a  codeword  of  weight  k  becomes  weight  i 
after  committing  e  or  fewer  errors. 

Figures  2.13  through  2.17  illustrate  the  decoded  bit  error 
rate  for  binary  decoding  of  the  Golay  (24,12)  code  as  a  function 
of  the  signal-to-noise  ratio  per  transmitted  digit  using  3r  as  a 
parameter  for  a  flat  fading  Rayleigh  channel  with  the  order  of 
diversity  varying  from  one  to  eighth-order. 

For  the  Golav  code,  the  parameter  t  is  related  to  the  total 
decoding  delay  T  by 


T  =  23t 


(2.52) 


For  example,  if  there  is  a  50-ms  decoding  delay,  with  a  typically 
two-sided  rms  fading  bandwidth  (Doppler  spread)  of  5  Hz,  we  have 

3 r  =  5x~  0.01  (2.53) 

The  loss  in  performance  due  to  correlated  bits  for  Bt  =  0.01,  as 
well  as  other  representative  values,  is  given  in  Table  2-3. 

This  loss  must  be  subtracted  from  the  coding  gains  given  in 
Table  2-1  which  assumes  that  Br  • 

Table  2-4  illustrates  the  estimated  coding  gains  for 
Bt=0.01  for  binary  and  channel  measurement  decoding.  These 
results  indicate  that,  as  the  order  of  diversity  increases,  the 
required  decoding  delay  decreases  quite  rapidly  in  the  region 
of  low  SNR.  It  is  of  interest  to  determine  if  diversity  alone 
(without  any  decoding  delay)  can  improve  the  effectiveness  of 
coding.  This  question  is  particularly  relevant  since  it  has 
been  shown  [2.7]  that,  on  a  flat  fading  channel  with  no  diver¬ 
sity,  coding  is  ineffective  when  all  code  bits  are  completely 
correlated.  Figure  2.18  verifies  this  result  for  the  special 
case  of  the  Golay  code  which  has  been  simulated  for  both  binary 
and  channel  measurement  decoding.  When  dual  diversity  is  avail¬ 
able,  (see  Figure  2.19),  the  use  of  a  binary  decoding  algorithm 
results  in  a  1/2-dB  loss  at  10”^,  but  the  use  of  a  channel 
measurement  decoding  algorithm  results  in  a  1-dB  gain  at  10“^. 
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BIT  ERROR  PROBABILITY 


TABU'.  2-3 


FSTIMATFD  LOSS  IK  PLRFORMANCK  DLL  TO  CORRLLATLD  BITS 
AT  A  DLCODLD  F.RROR  IIATF  OF  10'5 


Order  of 
Diversity 

Br  =  0.01 

Br  =  0.02 

Bt  =  0.05 

Br  =  0.2 

1 

10.4  dB 

8.1  dB 

4.5  dB 

0.7  dB 

2 

3.2  dB 

3.0  dB 

2.5  dB 

0.6  dB 

3 

1.4  dB 

1.3  dB 

1.2  dB 

0.5  dB 

4 

1.0  dB 

0.8  dB 

0.7  dB 

0.4  dB 

8 

0.3  dB 

0.3  dB 

0.3  dB 

0.2  dB 
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TABLE  2-4 

ESTIMATED  CODING  GAINS  FOR  Br  =0.01  AT  A 
BIT  ERROR  PROBABILITY  OF  10" 5 


Available 

Diversity 

Binary 

Decoding 

Channel 

Measurement 

Decoding 

Loss  Assumed 
Due  to 
Correlated 
Code  Bits 

1 

16.0  dB 

23.2  dB 

10.4  dB 

2 

9.2  dB 

13.2  dB 

3.2  dB 

3 

7.0  dB 

10.4  dB 

1.4  dB 

4 

5.4  dB 

8.3  dB 

1.0  dB 

8 

3.7  dB 

6.1  dB 

0.3  dB 
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BIT  ERROR  PROBABILITY 


I 


UX CODED 


_3  . .  .  CPSK  MODULATIOX 

10  (24,12)  GOLAY  CODE. 


10 


6  10  3  0  5  10  15 

VKo  <dli) 

ligure  2.18  Simulated  Results  for  a  Flat  Fading  Channel 
with  No  Diversity  and  Completely  Correlated 
Code  P. its 
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BIT  ERROR  PROBABILITY 


For  triple  diversity,  shown  on  Figure  2.20,  the  binary  decoder 
shows  no  Loss  and  the  channel  measurement  decoder  shows  a  gain 
of  1.5  dB .  Finally,  on  Figure  2.21,  we  see  that  for  quad 
diversity,  a  2.5-dB  coding  gain  is  obtainable  by  channel  measure 
ment  decoding  when  all  code  bits  are  completely  correlated. 

These  results  are  summarized  in  Table  2-5. 

To  estimate  the  benefits  of  channel  measurement  decoding 
over  binary  decoding  for  actual  multipath  profiles,  one  must 
estimate  the  amount  of  in-band  diversity;  then  the  results  in 
Tables  2-1,  2-3,  2-4,  and  2-5  may  be  used.  For  example,  for 
flat  fading  (L=l)  a  gain  of  7.2  dB  (see  Table  2-1)  should  be 
achievable  when  there  is  sufficient  decoding  delay.  For  a  very 
short  decoding  delay,  Table  2-5  illustrates  that  channel  measure 
ment  decoding  offers  only  a  0.5-dB  gain  over  conventional  binary 
decoding.  For  the  multipath  profiles  considered  in  Section  3, 
profiles  3  and  5,  the  effective  amount  of  combined  diversity  is 
a  function  of  the  actual  signal-to-noise  ratio.  In  the  region 
of  interest,  L=3  represents  an  adequate  approximation  for  pro¬ 
files  3  and  5.  Again  using  Table  2-1,  channel  measurement  de¬ 
coding  should  offer  a  gain  of  3.4  dB  over  binary  decoding  when 
the  decoding  delay  is  sufficiently  large  so  that  the  independent 
code  bit  assumption  can  be  made. 

2.3  Abstraction  of  Channel  Measurement  Information 


In  this  section  the  problem  of  obtaining  meaningful  channel 
measurement  (soft-decision)  information  to  be  used  by  an  error- 
crrrecting  decoder  is  addressed.  Several  coding  and  modulation 
formats  will  be  considered,  starting  with  fairly  simple  examples 
and  progressing  to  more  difficult  coding  and  modulation  formats. 
When  the  optimum  structure  for  obtaining  channel  measurement 
information  cannot  be  found,  or  is  too  difficult  to  implement, 
a  practical  suboptimum  structure  is  developed. 

2.3.1  Binary  Antipodal  (Biphase)  Modulation  over 
the  White  Gaussian  Woise  Channel 


Figure  2.22 
system  employing 
encoded  digit 


represents  a  block  diagram  of  a  communications 
error-correction  coding.  For  this  case,  the 
is  transmitted  as: 


KUKABILITY 


TABLE  2-5 


CODING  GAINS  FOR  COMPLETED  CORRELATED  BITS  - 
COMPUTER-SIMULATED  RESULTS 


Order  of 
Diversity 

i 

i 

Binary 

Decoding 

Channel 

Measurement 

Decoding 

I 

-1.0  dB 

-0.5  dB 

2 

-0.5  dB 

1.0  dB 

3 

0 

1.5  dB 

4 

1 . 0  dB 

2.5  dB 
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Figure  2.22  Communications  System  Block  Diagram 


V 


0 

0  S  t  S  T 

1 

(2.52) 

where  o^(t)  is  just  a  sine  wave  for  binary  phase-shift-keying 
( BPSK)  modulation.  It  is  assumed  that  O-j^t)  is  normalized 
such  that 


x  ('3i(t>  £orXi’ 

x.(t)  -  (-1)  1  v.(t)  -  J 

(  -<pi(t)  for  = 


T 

f  «p?(t)  dt  -  1 
0 


(2.53) 


where  the  interval  (0,T)  represents  the  time  when  x.(t)  is 
transmitted.  1 

The  demodulator  for  the  received  signal. 


y(t)  =  xi(t)  +  n ( t)  (2.54) 

illustrated  in  Figure  2.23,  is  a  synchronized  matched  filter 
whose  analog  output  is  given  by 

X. 

v£  -  (-1)  1  +  nt  (2.55) 

The  additive  Gaussian  noise  component  has  the  following 
properties : 


0 


2 
n . 
l 


(2.56) 


where  the  additive  noise  function  n(t)  is  white  Gaussian  with 
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-r-  T- 


n  ( t )  n  ( r )  = 


2  6(0 


t  =  T 


(2.57) 


For  this  case,  the  signal -to-noise  ratio  per  received  digit  is 
given  by 


x.l2 


N0  9  2  N0 
2  n . 
i 


(2.58) 


where  the  received  signal  energy  is  normalized  to  1. 

The  received  binary  digit  is  obtained  by  the  following 
decision  rule: 


v.  >  0 
l  — 


v .  <  0 
l 


(2.59) 


The  confidence  level  is  shown  on  Figure  2.23  to  be  just  the 
magnitude  (or  quantized  magnitude)  of  the  decision  statistic. 
This  choice  of  confidence  level  can  be  justified  from  two  points 
of  view. 

First  we  note  that  most  channel  measurement  algorithms 
require  a  confidence  level  which  is  monotonically  increasing 
with  the  probability  that  X.  is  decoded  correctly.  This  proba¬ 
bility  can  be  written  as 


P ( Y . =X . ! v.)  = 

ill 


p(vilYi=xi) 

P(v.) 


(2.60) 
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where 


(vi— 1) 


P(v. ■ Y.=X. )  = 

ill 


and 


P(v.  Y.=X.) 

ill 


P ( v .  Y . =X . )  = 

l  l  i/ 


e 

No 

N 

K 

( 

v.  +  l)2 
i 

e 

> 

1^0 

all 

values 

( 

lv/,-1)2 

e 

No 

for  v.  >  0  and  X.  =  0 

l  l 


for  v .  0  and  X .  =  1 

i  l 


V 


7m, 


Similarly,  we  can  write 


P(v.)  =  P(X.=0)P(v.  X.-O)  +  P(X.=l)P(v.  X.=l) 

l  i  ll  i  ll 


which,  for  equally  probable  transmitted  digits,  becomes 


0^1)' 


(v.+l)' 


p(vi)  ■  1  - 


+  H 
2 


V»N 


(2.61) 


(2.62) 


(2.63) 


(2.64) 


(2.65) 


2-47 


Taking  the  required  ratio  given  by  (2.60)  yields 


P(Y.=X. | v . ) 
1  1 1  1 


4lvil 


N, 


1  +  e 


(2.66) 


for  both  v.  2  0  and  v.  s  0. 

i  i 

From  (2.66)  we  note  that,  by  choosing  =  lv.|,  we  have  a 
confidence  level  which  increases  monotonically  with  the  proba¬ 
bility  that  Y-  is  demodulated  as  X^,  i.e.,  that  the  received 
digit  is  demodulated  correctly.  A  channel  measurement  decoder 
depends  on  being  small  for  those  cases  when  Y^^X^,  so  that 
ultimately  a  correct  decision  on  the  transmitted  data  stream 
!_  = - - can  be  made.  The  argument  used  above  to  justify 


a 


(2.67) 


is  valid  for  both  block  or  convolutional  codes. 

A  second  justification  of  a  confidence  level  is  obtained  by 
noting  that  a  maximum  likelihood  decoder  will  select  the  encoded 
sequence,  and  thus  the  information  sequence,  which  maximizes 


P(v  IX)  =  P( - v± - 1 - X± - ) 


(2.68) 


For  the  white  Guassian  noise  channel,  (2.68)  can  be  written 


as 


X. 

v.-(-l)  L 


p(vix)  =  7T 


0 


(2.69) 


Maximizing  (2.69)  is  equivalent  to  finding  the  sequence  which 
maximizes 


(2.70) 


Z  ^(-1) 


X. 

x 


The  above  expression  can  be  written  as 


E 


i  sucn  that 

X .  =Y . 

1  l 


E  vi  =  E  ivi 

i  such  that  ail 

X.^Y.  i 

l  l 


^E 


v. 


i  such  that 
X.^Y. 

l  l 


(2.71) 


1 

When  X^  =  Y^,  the  product  v^(-l)  must  be  positive  for  the  bit 
decision  rules  given  by  (2.59).  Maximizing  (2.71)  is  equivalent 
to  minimizing 


E 

i  sucn.  that 
X.^Y. 


.  v . 
l 


i  sucti  that 
X.^Y. 


(2.72) 


which  is  the  desired  expression  for  a  maximum  likelihood  decision 
rule  given  in  terms  of  . 

If  we  define  the  binary  error  sequence 

Z  =  ---Z.---  =  ---X.  v  Y.---  (2.73) 

-  l  li  ' 

then  we  note  that  the  error  sequence  which  minimizes  the  "analog 
weight"  given  by 

Z  Vu-  =  W  (Z)  (2.74) 

l 

is  equivalent  to  (2.72)  and  equivalent  to  a  maximum- likelihood 
decoder.  Again,  these  results  hold  for  both  block  and  convolu¬ 
tional  codes  even  though  the  original  formulation  of  this  nature 
[2.4]  was  intended  for  the  block  coding  case. 
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2.3.2  Binary  Signaling  over  the  Coherent  Rayleigh 
Fading  Channel 

For  this  case  we  will  assume  an  arbitrary  correlation  be¬ 
tween  the  binary  signals  used  to  represent  X^  and  a  channel  which 
is  perturbed  by  multiplicative  Rayleigh-distributed  noise  and 
additive  white  Gaussian  noise.  Thus, 


where 


x±(t)  = 


O0i(t)  for  Xi  =  0 


0li(t)  for  X.^  =  1 


(2.75) 


and 


T  T 

f  o0i(t)  dt  =  J  0^(0  dt  =  1 


(2.76) 


i 

j  oQi(t)<pli(t)  dt  =  p  <  1 


(2.77) 


The  received  signal  is  now  given  by 


yt(t)  =  riXi(t)  +  n(t) 


(2.78) 


with  the  Rayleigh  fading  variable  r^  normalized  such  that 
x 


(2.79) 


For  the  special  case  when  we  hold  r^  fixed  at  1  and  let  p= -1, 
this  example  reduces  to  the  case  considered  in  Section  2.3.1. 
When  p  =  0,  the  two  waveforms  represent  the  binary  frequency- 
shift-keying  (FSK)  case. 
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An  appropriate  receiver  for  this  fairly  general  case  is 
;iven  on  Figure  2.24. 

The  decision  statistic  can  be  written  as: 


X. 


vi  =  V0i  '  vli  =  (1_p)  ri(_1)  1+  n0i  "  nli  (2-80) 


In  this  case,  the  decision  statistic  is  weighted  by  r^  which  is 
not  required  for  an  optimum  bit-by-bit  demodulator  but  is  re¬ 
quired  in  order  to  obtain  an  optimum  confidence  level  when  r^ 
can  varv  from  bit  to  bit. 

The  justification  for  this  type  of  receiver  follows  along 
the  lines  outlined  in  Section  2.3.1,  but  is  more  involved  since 
a  decision  on  X^  involves  the  two  decision  statistics  (see 
Figure  2.24): 


Oi 


X. 

=  r.  p  1  + 
i  r 


Oi 


and 


(2.81) 


1-X. 


v 


li 


=  r.p 


+  n 


li 


Xote  that  for  X.  =0  we  have 
i 


Oi. 


~  r-  +  nr.  . 
i  Oi 


and 


(2 . 82) 


v 


li 


P  r.  +  n 


li 
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Demodulator  for  Biliary  Signaling  over  the  Coherent  Rayleigh  Fading 
Channel 


r,d  for  X.  =  1  we  have 


v,.  .  =  pr .  +  n„  . 
Oi  K  l  Oi 


(2.83) 


v  =  r .  +  n 
1 1  l  li 


It  should  be  noted  in  this  case  that  the  additive  noise  in  these 
two  decision  statistics  is  correlated  with 

n0inli  =  ff n(L)n(T)  °0i(t)oli(r)  dt  dT 


=  T  p 


(2.84) 


The  variance  of  each  noise  term  n^  and  n^  is  N^/2  as  before. 
Thus,  the  average  signal-to-noise  ratio  for  this  case  is  given  by 


_L  -  0  -  p)2  r2  (-l)Xi 

N  ~  - L.1 — _ — =  A  i  P.  _L 

0  J—  +  —  7 - \  2  N0 

2 hoi +  nu  ■ 2  noinu 


(2.85) 


xi ie  likelihood  function  for  this  case  is  given  by 


pCvq.v^X)  =  JJ  P(voi,vli!Xi) 


(2.86) 


which  involves  a  bivariate  Gaussian  probability  density  function 
which  is  complicated  since  Vq^  and  v^  are  correlated. 
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Holding  X^  fixed  and  averaging  over  the  additive  noise, 
c..e  t ol  1  v>w  1; ■  1  parameters  can  he  defi"ed- 


m. 


m 


1 


V 


X. 

l 


li 


=  r.p 


l“Xi 


a 


2 

0 


(v 


Oi 


-  mV 


V2 


(2.87) 


0 


N’ 


/  2 


i  _ 

P  =  (vQi  -  m0)(vu  -  n^) 


Using  the  hi-variate  probability  density  function,  we  can 
now  write  (2.86)  as 

^(y0-m0)2  -  2a0a1p(y0-m0)(yl-m1)  +  ag( y^)2 

_  ^  t  2  2 

1  2ct^CTq (1  -  p“) 


P(v0,v1|,x)  = 


TT  2iTaiao(1  ■ p2) 


(2.88) 


where,  for  convenience,  yg  =  vch  auc*  yi  =  vli'  Maximizing  (2.86) 
over  all  values  of  X  is  equivalent  to  minimizing 

?  °1  (y0  "  mo) 2  ‘  2rroalp(yO  ’  m0)(yl  "  ml)  +CT0(yl"ml)2  (2-89> 

i 
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The  terms  which  are  not  a  function  of  X.  can  be  omitted  from  the 

above  s  ..nnsa i .  _  i  vc 


9  9 

?°i['2yomo+mo1  '  2coain[“yimo  "yomi  +  V’l1 


+  a(V~2yimi  +  mi 1 


(2 


Further  simplification  of  (2.90)  is  possible  by  noting  that 

2-2X. 


2  2,  22 
“irao  +  Vi 


N  /  2  2X  2  2-2XA 


is  the  same  for  Y.  .  -  0  and  X.  =  1,  and  that 


(2.91) 


2a0alpm0ml  =  N0prip 


(2.92) 


also,  is  not  a  function  of  X^.  Finally,  dividing  by  Nq  and 
multiplying  (2.90)  by  -1,  wc  have  shown  that  a  maximum  likeli¬ 
hood  demodulator  is  obtained  by  maximizing  the  expression 


£  [y0m0  -  y1m0p  -  y^p  +  y^l  (2.93) 


1 

which  in  terms  of  our  original  variable  can  be  written  as 


/X  1-X.\  X 

?  (v0i  "  Vli)ri(p  "p  L)  =  ?  (vi)ri(1  -  P)  (-D  (2.94) 

bince  the  factor  (1-p)  is  not  a  function  of  X,  Eq.  (2.94) 
directly  justifies  the  demodulation  given  on  Figure  2.24  which 
weights  v^  by  the  variable  r^ . 

For  a  minimum  bit-by-bit  decision,  the  weighting  factor 
r^  need  not  be  used,  and  a  decision  variable  on  X^  is  obtained 
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based  on  the  sign  of  v^.  However,  when  coding  is  applied  and 
a  decision  variable  on  a  sequence  of  bits  is  to  be  made,  the 
weighting  by  r^  yields  a  confidence  level  of  the  form 

a-  =  t. [V.  (2.95) 

which  is  equivalent  to  a  maximum- likelihood  decoder  when  the 
analog  weight,  given  by  (2.74),  is  used  to  select  the  most 
likely  error  pattern. 

A  justification  of  0^  in  terms  of  finding  a  confidence  level 
which  is  monotonically  related  to  the  probability  that  is  de¬ 
coded  correctly  (as  was  done  in  Section  2.3.1)  can  be  applied  to 
this  fairly  general  case  as  well. 

2.3.3  Quaternary  Signaling  over  the  Troposcatter  Channel 

In  this  section  we  extend  the  theoretical  considerations 
given  on  abstracting  channel  measurement  information  to  the 
actual  troposcatter  demodulator.  The  modem  of  interest  is  a 
maximum- likelihood  tropo  (MLT)  demodulator  used  in  the  analysis 
and  test  conducted  for  RADC  [2.1], [2. 2]. 

The  abstraction  of  channel  measurement  information  is  com¬ 
plicated  by  the  time-varying  multipath  structure  prevelant  over 
the  troposcatter  channel  and  the  complex  modulation  format.  The 
modulation  format  may  be  considered  to  be  quaternary,  i.e.,  four- 
phase,  but,  in  fact,  a  low-level  probe  is  combined  with  the  basic 
data  modulation  signal.  This  probe  is  used  to  obtain  channel 
measurement  information  which  is  used  by  the  maximum- likelihood 
(Viterbi)  demodulator.  To  a  first  approximation,  the  effects  of 
this  probe  can  be  removed  by  the  demodulator;  thus,  we  are  left 
with  a  quaternary  data  signal.  Unfortunately,  the  multipath 
severely  distorts  this  signal.  Furthermore,  as  pointed  out  in 
[2.8],  multipath  also  distorts  the  location  of  the  actual  bit 
errors  and  causes  a  dependence  between  bit  errors.  This  effect 
can  be  minimized  by  usin,  a  certain  amount  of  filtering  to  en¬ 
sure  that  actual  errors  are  covered  by  low  confidence  levels. 
While  this  filtering  adds  some  extra  low  confidence  levels,  the 
performance  impact  is  minimized  since  the  interleaver  spreads 
these  confidence  levels  over  independent  codewords. 

Following  the  previous  theoretical  considerations,  the 
actual  value  of  a.  used  for  the  MLT  demodulator  is  obtained  by 
the  following  procedure: 
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(1) 


An  estimate  of  the  received  complex  sampled  input 
sample  is  constructed  based  on  the  demodulated 
data  and  the  channel  estimate.  In  fact,  two  esti¬ 
mates  are  constructed  for  each  received  bit  since 
an  early  and  late  sample  are  used. 

(2)  The  likelihood  that  this  reconstructed  sample  is 
based  on  correctly  demodulated  data  is  estimated 
on  a  sample  by  sample  basis  by  computing  the  dif¬ 
ference  between  the  actual  and  received  samples  as 

!y.  -  Y. I2  +  Iy.  - Y.  I  2  (2.96) 

liiL.,  ill,,. 

Early  1  Late 


(3)  This  difference  term  is  normalized  by  subtracting 
off  the  term 


~  2 
Y.  +  Y.  j 

1  1  Early 


Y.  +  7. 
l  l 


2 

Late 


(2.97) 


which  is  analogous  to  the  receiver  shown  on 
Figure  2.24. 

(4)  The  actual  confidence  level  is  a  filtered  version 
of  the  difference  between  Eqs.  (2.96)  and  (2.97) 
to  give 


4  Re 


+  4  Re 


(2.98) 


An  equal  weighting  of  the  confidence  levels  over 
four  data  bits,  i.e.,  box  car  filter,  is  implemented. 

In  the  following  section,  experimental  results  are  given  for 
the  above  confidence  level. 
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SECTION  3 


EXPERIMENTAL  RESULTS 


In  this  section,  the  equipment  modifications,  test  pro¬ 
cedures,  and  test  results  are  discussed.  Three  categories  of 
tests  were  performed. 

The  first  tests  were  the  soft  decoder  verification  tests. 
These  tests  were  performed  on  the  soft  decoder  independent  of 
the  modem.  The  purpose  of  these  tests  was  to  insure  proper  oper¬ 
ation  of  the  soft  decoder. 

The  second  series  of  tests  were  performance  tests  over 
various  simulated  channels.  These  tests  included  the  Gaussian 
noise  channel  as  well  as  fading  channels. 

The  final  tests  were  with  pulse  interference.  For  these 
tests,  a  simulator  was  built  and  performance  was  measured  over 
various  pulse  widths . 

3 . 1  Tropo  Interleaver  Modifications 

In  order  to  carry  out  the  investigation  of  channel  measure¬ 
ment  (soft  decision)  decoding  for  the  tropo  interleaver,  it  was 
necessary  to  add  circuitry  to  the  tropo  interleaver.  Figure  3.1 
shows  a  diagram  of  the  tropo  interleaver.  Changes  were  necessary 
in  the  soft  decision  generation  of  the  demodulator  and  in  the 
interleaved  decoder. 

The  new  interleaved  soft  decoder  operates  at  an  information 
bit  rate  of  16  kb/s.  This  corresponds  to  an  encoded  rate  of 
32  kb/s.  A  new  interleaver  and  full  soft  decision  deinter¬ 
leaver  were  built  with  bit  separation  times  of  0,  1.5,  2.25,  3, 
4.5,  6,  12,  24,  and  48  ms,  which  corresponds  to  0,  34.5,  51.75, 
69,  103.5,  138,  276,  552,  and  1104  ms,  respectively,  of  decoding 
delay.  The  channel  data  rate  (to  and  from  the  modem)  is 
4.608  Mb/s.  This  is  achieved  by  multiplexing  the  encoded  data 
with  PN  fill  to  form  the  high-speed  data  stream.  Testing  at  a 
channel  rate  of  4.6  Mb/s  with  an  actual  data  rate  of  16  kb/s  is 
equivalent,  as  discussed  in  Contract  F30602-74-C-0133,  to  test¬ 
ing  at  the  full  data  rate  (2.3  Mb/s),  but  less  memory  is  required 
by  the  interleaver/deinterleaver . 
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igure  3.1  Tropo  Interleaver 


The  channel  measurements  are  generated  by  new  circuitry  in 
the  demodulator.  A  single  channel  measurement  value  was  gen¬ 
erated  for  both  in-phase  and  quadrature  bit  components  of  each 
baud.  The  first  step  in  the  generation  of  the  channel  measure¬ 
ment  is  the  computation  of  a  value  as  follows. 


ai 


E 

'  =1  L 


Iy^'  )  +  y!#) |  -  I  Y^  }  -  Y^  }  | 

I  1  1  ’  II  1 


(3.1) 


where 


/  y  \ 

Y.  7  =  Received  complex  sample  (output  of  A/D) 
f  =  A  number  of  samples  per  baud,  '  =1,2 
i  =  Baud  position,  i  =  1,2,  ... 


Reconstructed  complex  sample  (based  on  the  Viterbi 
data  estimate  and  the  channel  estimate) 


The  channel  measurement  values  are  computed  from  the  rv '  s  by 
following  the  sliding  average 

i+2 

a!=  E  (3.2) 

1  j  =i-l  1 


Figure  3.2  shows  a  block  diagram  of  the  demodulator  with 
the  new  channel  measurement  circuits. 


The  input  samples,  Y,  go  into  the  maximum  likelihood  demodu¬ 
lator  (MLD)  and  channel  estimation  circuits.  Using  a  Viterbi 
algorithm,  the  MLD  makes  bit  decisions  for  the  input  samples. 

The  bit  decisions  and  the  channel  estimates  (h)  are  combined 
to  form  estimates  of  the  input  samples  (Y) .  The  actual  input 
samples,  Y,  delayed  by  an  amount  equal  to  the  delay  through  the 
MLD,  are  processed  with  Y  to  produce  the  a  ' s .  The  channel 
metric  values  are  formed  by  a  four-baud  sliding  average  over  the 
n 1 s .  The  bit  decisions  from  the  MLD  are  delayed  a  small  amount 
of  times  to  line  up  with  the  channel  measurement. 

3.2  Soft  Decoder  Verification  Tests 


In  order  to  verify  the  proper  operation  of  the  soft  deci¬ 
sion  Golay  decoder,  a  number  of  performance  points  were  tested 


using  the  CNR  Soft  Decision  Generator  (SDG) .  Figure  3.3  shows 
the  test  setup  using  the  SDG.  A  PN  sequence  at  16  kb/s  (32  kb/s 
encoded  rate)  is  generated  by  the  transmit  test  set.  The  PN 
ata  is  encoded  and  merged  into  a  4.608  Mb/s  data  stream. 

Using  an  internal  Gaussian  noise  source  and  A/D  converter,  the 
SDG  generates  Gaussian  channel  soft  decision  statistics. 

These  soft  decisions  are  received  by  the  decoder  where  the  data 
is  decoded  using  the  channel  measurement  decoding  algorithm. 

The  decoder  can  also  be  set  to  ignore  the  soft  decisions  and 
perform  hard  decision  decoding  on  the  data.  The  decoded  data 
(hard  or  soft)  and  the  raw  data  are  sent  to  the  test  set  where 
a  local  PN  generator  is  used  to  check  for  errors. 

Table  3-1  and  Figure  3.4  show  the  results  of  the  SDG  tests .  For 
these  tests  ,  raw  error  rate  was  set  by  adjusting  the  SDG.  For  each 
raw  error  rate  point,  the  signal-to-noise  ratio  (E^/No)  for  the 
corresponding  code  point  is  established  by  shifting  down  3  dB  from 
the  E^/Nq  of  the  rav  point.  The  solid  curves  are  the  result  of  com¬ 
puter  generated  simulations.  Since  the  performance  points  for  hard 
and  soft  decoding  correspond  quite  well  with  the  computer-generated 
curves,  the  soft  decoder  is  most  likely  operating  properly. 

3.3  Channel  Simulator  Tests 


3.3.1  Equipment  Interfacing 

In  order  to  perform  any  testing  of  the  tropo  interleaver, 
it  is  first  necessary  to  connect  all  of  the  separate  boxes. 
Figure  3.5  shows  the  correct  point-to-point  connections  for 
coding  tests.  The  dashed  lines  indicate  that  an  external  de¬ 
vice  other  than  that  supplied  by  CNR,  Inc.  may  be  substituted; 
specifically,  a  separate  test  set  consisting  of  a  data  generator 
and  error  detector/counter  may  be  utilized  to  verify  the  opera¬ 
tion  of  the  equipment  independently  of  the  CNR,  Inc.  supplied 
test  set 

The  test  set,  encoder,  and  decoder  have  many  switches  that 
need  to  be  set  for  the  various  testing  modes.  Table  3-2  de¬ 
scribes  the  necessary  switch  positions  for  the  tests  performed. 

3.3.2  Simulator  Adjustment 

In  this  section,  the  setting  of  the  simulator  for  the  de¬ 
sired  channel  and  signal-to-noise  ratio  will  be  discussed.  Both 
additive  Gaussian  noise  channels  and  fading  dispersive  channels 
will  be  covered. 
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TABLE  3-1 


ERROR 

RATES  FOR 

GOLAY 

CODE 

RAW 

HARD 

SOFT 

8. 1  x  10"2 

2.7  x  10" 

2 

5.80  x 10~3 

3.7  x  LO'2 

9.3  x 10" 

3 

9. 14  x 10"4 

3.9  x  10~2 

2.5  x 10" 

3 

7.12  x 10"5 
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j.A  Performance  Curves  for  the  Rate -1/2 
(24,12)  Golay  Code 


ERROR  CORRECTION  ENCODER 


A 
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Figure  3.5  Connection  Diagram  for  Troposcatter  Interleaver 
Testing  Using  Coding 


TABLE  3-2 


TROPO  INTERLEAVER  SWITCHES 


Error-Correcting  Encoder  Switches 


Switch 


Function 


Main  Breaker  -  ON 


Power  -  ON 


Code 

PRODUCT 


Controls  line  voltage  to  both  logic  and 
oscillator  power  supplies  (Note:  should 
normally  be  on  at  all  times). 

Controls  line  voltage  to  logic  power 
supply  -  active  only  if  main  breaker  is 
on . 

Allows  selection  of  coding  mode  of 
operation . 

(24,12)  Golay  code  with  new  interleaver 


Data  Rate  Controls  selection  of  information  bit 

rate  (excludes  parity)  and  required  PN 
bit  stuffing  to  match  modem  bit  rate. 
16  kb/s  Allowable  Data  Rate  for  Soft  Decoding 


Separation  Time 
08 


Controls  time  between  interleaved  bits, 
r  =  48  ms 


Half  Rate/Full  Rate 
Full 


Controls  PN  bit  stuffing  rate  when 
matching  coding  bit  rate  to  modem  bit 
rate  -  set  to  match  modem  mode  of 
operation . 


Transmitter/Test  Set  Switches 


Switch 


Function 


Power  -  ON 


Controls  line  voltage  to  logic  power 
supply 


4.608  Mb/s/5.5296  Mb/s 
4.608  Mb/s 


Selects  baud  rate  for  modem. 
2.304  M  baud/s 


Half  Rate  Allows  modem  to  transmit  at  half  the 

baud  rate. 

Switch  down  (full  2.304  M  baud/s 

rate) 


TABLE  3-2  (Continued) 


Transmitter/Test  Set  Switches  (Continued) 

Switch  Function 


Pattern  Selection  Selects  pattern  to  be  transmitted. 

Long  Length  2^  -  1,  PN  sequence 

Receiver/Test  Set  Switches 


Switch 


Funct ion 


Main  Breaker  -  ON 


Power  -  ON 


Reset 


Resync 


Run/Halt 

Run 

Halt 

Undecoded  Run  Enable 
-  ON 


Controls  line  voltage  to  analog,  digital, 
and  oscillator  power  supplies. 

Controls  line  voltage  to  analog  and 
digital  power  supplies  (functions  only 
when  main  breaker  is  on) . 

Momentary  contact  switch  to  reset  all 
counters  to  zero. 

Momentary  contact  switch  to  sync  local 
data  sequence  generators  by  injection 
loading . 

Controls  operation  of  test  set. 

All  enabled  counters  begin  counting 
Suspends  all  counter  operations 

Controls  undecoded  data  counter  operation 


Sampled  Bit  Run  Controls  sampled-bits  counters  operations 

Enable  -  OFF 


Signal  Present  Time  Not  implemented. 
Constant 


Modem  Sync 


Decision  Directed 
Feedback  -  ON 

4.608  Mb/s/3.5296  Mb/s 
4.608  Mb/s 


Momentary  contact  switch  which  enables 
modem  sync  acquisition  circuitry. 

Selects  decision  directed  feedback 
operation 

Selects  baud  rate  for  receiver. 

2.304  x  10^  baud/s 
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TABLE  3-2  (Continued) 


Receiver/Test  Set  Switches  (Continued) 


Switch 


Function 


Half  Rate 

Switch  down  (full 
rate) 

Int  Time 
1 


Allows  modem  to  receive  at  half  the 
baud  rate. 

2 . 304  M  baud/ s 


Controls  duration  of  probe  correlation. 
2032  baud 


Loop  Filter 
0 


Allows  selection  of  tracking  loop  filter. 


Run  Length 


Pattern  Selection 
Long 

BW  Select 
NB 


Controls  duration  of  counting  for 
decoded  bit  and  undecoded  bit  counters 
from  104  to  1010. 

Selects  local  data  sequence  for  error 
detection . 

Length  2^U  -  1 ,  PN  sequence 

Controls  selection  of  analog  predetection 
filter  (both  4  pole  Butterworth) . 

2.66  MHz  3  dB  bandwidth 


Error  Correction  Decoder  Switches 


Switch 


Function 


Main  Breaker  -  ON 


Power  -  ON 


Code 

PRODUCT 


Controls  line  voltage  to  both  logic  and 
oscillator  power  supplies  (Note:  should 
normally  be  on  at  all  times) . 

Controls  line  voltage  to  logic  power 
supply  -  active  only  if  main  breaker  is 
on . 

Allows  selection  of  decoding  mode. 
(24,12)  Golay  with  new  soft  decision  de¬ 
interleaver 
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TABLE  3-2  (Continued) 


Error  Correction  Decoder  Switches  (Continued) 


Switch 


Function 


Data  Rate  Controls  selection  of  information  bit 

rate  (excludes  parity)  and  requires 
PN  bit  stuffing  rate  to  match  modem  bit 
rate . 

16  kb/s  Allowable  data  rate  for  soft  decoding 


Half  Rate 

Switch  down  (full 
rate) 

Separation  Time 
08 


Controls  PN  bit  stripping  rate  -  set  to 
match  modem  mode  of  operation. 

Modem  operating  at  its  full  rate 

Controls  separation  time  for  deinter¬ 
leaver  . 

It  =  48  ms 


Re sync 


Channel  Measurement 


Up 

Down 


Momentary  contact  switch  which  enables 
code  sync  acquisition  circuitry. 

Selects  channel  measurement  (soft  de¬ 
cision)  decoding  or  hard  decision 
decoding . 

Soft  decision  decoding 
Hard  decision  decoding 
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3. 3.2.1  Channel  Selection 

The  simulator  was  placed  in  the  I  and  Q  test  mode  for  the 
Gaussian  noise  tests.  In  this  mode  a  single  non-fading  tap  is 
selected . 


For  flat  fading  tests,  the  simulator  was  placed  in  its 
special  flat  fading  mode.  In  this  mode  a  single  fading  path  is 
generated.  RMS  0Oppier  spreads  of  1  Hz  and  10  Hz  were  used  in 
the  tests. 

In  the  selective  fading  test,  the  simulator  was  placed  in 
the  16-tap,  4  diversity  mode.  However,  only  the  A  diversity  was 
used,  thus  giving  a  single  diversity  with  a  maximum  of  16  fading 
taps  spaced  at  100  ns  intervals. 

Table  3-3  shows  the  tap  attenuator  settings  for  a  number  of 
profiles.  Taps  with  no  indicated  setting  are  turned  off. 
Selective  fading  tests  were  conducted  using  profiles  3  and  5. 

Each  profile  was  tested  with  1  Hz  and  10  Hz  Doppler  spreads. 

3. 3.2.2  Signal -to -Noise  Ratio  Adjustment 

As  a  result  of  the  extremely  low  power  of  the  simulator's 
internal  Gaussian  noise  source,  a  direct  measurement  of  the 
noise  level  with  a  power  meter  was  not  possible.  Instead,  the 
noise  was  examined  on  a  spectrum  analyzer  and  a  crude  estimate  of 
-70  dBm/MHz  (-130  dBm/Hz)  for  noise  spectral  density  was 
established.  Since  this  was  the  nominal  figure  reported  in  the 
simulator  operating  manual,  it  was  accepted  as  being  accurate. 

The  simulator's  average  power  output  was  measured  using  a 
power  meter  with  the  simulator  in  the  I  and  Q  mode.  This  mode 
freezes  the  pseudo-random  tap  modulators  at  their  average  values 
for  just  this  purpose.  The  signal  had  a  strength  of  -28  dBm. 

From  this  information,  the  average  signal-to-noise  ratio  for 
a  one-path  model  can  easily  be  calculated.  is  the  signal 

energy  per  bit.  Hence,  for  the  modem  operating  at  4.608  Mb/s 

Eb  =  -28  -  (10  log  4.608  x  106) 

=  -28  -  66.6 

=  -94.6  dBm  (3.3) 
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TABLE  3-3 


SIMULATOR  ATTENUATOR  SETTINGS  FOR  TEST 
PROFILES  (dB) 


Tap 

Number 

(V 

Profile 

Number 

1 

ni 

3 

4 

5 

6 

1 

0 

0 

0 

0 

-3 

-1 

2 

-16 

-6 

-3 

-1 

0 

0 

3 

-38 

-14 

-7 

-4 

-1 

-1 

4 

-23 

-12 

-7 

-3 

-2 

5 

-34  1 

-17 

-11 

-5 

-3 

6 

-23 

-14 

-5 

7 

-29 

-18 

-7 

8 

-22 

-12 

-9 

9 

-25 

-15 

-11 

10 

-29 

-18 

-14 

11 

-21 

-16 

12 

-24 

-18 

13 

-27 

-20 

14 

-23 

15 

-25 

16 

-28 

Pav  (dB> 

0.1 

m 

2.5 

m 

3-15 


V 


Taking  the  noise  spectral  density  as  -130  dBm/Hz,  the  average 
signal -to-noise  ratio  with  no  signal  attenuation  after  the  tap 
modulators  is 


E 

N 


b 

0 


-94.6 


(-130) 


35.4  dB  (a  4.608  Mb/s 


(3.4) 


For  lower  signal-to-noise  ratios,  the  output  signal  is  merely 
attenuated  by  the  required  amount. 

The  adjustment  for  the  extra  multipath  power  is  made  by 
increasing  the  above  computed  signal-to-noise  ratio  by  PQV  from 
Table  3-3.  For  example,  suppose  multipath  profile  3  is  set 
up  on  the  simulator  and  the  modem  data  rate  is  4.608  Mb  s. 

The  single  path  calculation  gives  a  signal-to-noise  ratio  of 
35.4  dB  with  no  attenuation.  Table  3-3  indicates  that  multi- 
path  has  added  an  additional  2 . 5  dB  to  the  signal.  Hence,  the 
true  signal-to-noise  ratio  is  37 .9  dB.  Adjustment  for  other 
signal-to-noise  ratios  must  be  made  from  this  figure. 

To  compute  Eb/N0  for  the  cociecJ  systems,  it  is  merely 
necessary  to  adjust  the  data  rates  in  Eq .  (3.3).  This  amounts 
to  increasing  the  energy  per  bit,  E^,  by  the  code  rate.  These 
adjustment  figures  are  : 


,  , „  ,  12  information  bits 

3  dB  -  10  og  24  codeword  bits 


Golay 


(3.5) 


For  example,  when  running  the  code  on  a  single  path  model  with 
no  attenuation  in  the  signal  path,  the  modem  (raw)  E^/Nq  is 
34.6  dB  [Eq.  (3.4)].  However,  since  the  coded  system  has  less 
information  bits,  it  has  an  Eb/NQ  of 

E,/Nn  =  34.6  dB  +  3.0  dB 
b  U 

=  37.6  dB  (3-6) 


This  penalization  of  the  coded  system  allows  a  fair  comparison 
to  be  made  between  coded  and  uncoded  systems. 
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3.3.3  Simulator  Test  Procedure 

The  test  procedure  used  with  the  simulator  is  summarized  as 
follows : 

'1)  Connect  RF  power  meter  to  simulator  input  test  point 

and  adjust  input  attenuator  for  -10  dBm  at  test  point. 

(2)  Set  up  channel  as  indicated  in  Section  3. 3.2.1  by 
adjusting  tap  attenuators,  Doppler  spread  and  mode 
switches . 

(3)  Set  signal-to-noise  ratio  for  test  by  adjusting  the 
output  attenuator  (OATT) .  As  was  shown  in  Section 
3. 3. 2. 2,  the  signal-to-noise  will  be: 

E. 

~  =  34.6  -  OATT  +  P  (dB) 

0 

and 

E, 

~  =  37.6  -  OATT  +  PQ„  (dB) 

NQ  av 

(4)  Set  decoder  for  hard  decoding. 

(5)  Set  test  set  run  length  to  a  value  estimated  to  give  at 
least  100  errors. 

(6)  Pish  Doppler  spread  RESET  button  on  simulator 
(if  fading  channel). 

(7)  Test  set  RUN/HALT  switch  to  HALT  and  RESET  counters. 

(8)  RUN/HALT  switch  to  RUN. 

(9)  At  end  of  run,  record  results. 

(10)  Change  to  soft  decoding;  repeat  5  through  9. 

(11)  Change  signal-to-noise  ratio;  repeat  3  through  10. 

(12)  Change  channel;  repeat  2  through  11. 


Raw 


Coded 
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3.3.4  Simulator  Test  Results 


In  this  section,  the  data  resulting  from  the  various  tests 
is  presented.  Figures  3.6  through  3.12  show  performance  curves 
derived  from  the  data.  On  the  curves,  the  raw  modem  data  points 
are  shown  as  the  hard  decoding  points  are  and  the 

soft  decoding  points  are  "A".  For  reference,  the  actual  data 
taken  is  included  in  Tables  3-4  through  3-10. 

3.4  Pulse  Interference  Tests 


This  series  of  tests  is  designed  to  show  the  improvement 
gained  by  channel  measurement  decoding  when  combating  pulse 
interference.  The  pulse  interference  could  be  intentional 
or  unintentional.  In  either  case,  the  interference  signal 
was  modeled  as  a  pulse  of  noise  large  enough  to  cause  a  507,  error 
rate.  The  power  of  the  portion  of  the  signal  plus  noise  ratio 
was  not  changed  during  noise  pulses. 

3.4.1  Pulse  Interference  Test  Setup 

The  setup  for  this  series  of  tests  is  the  same  as  that 
shown  in  Figure  3.5.  The  channel  simulator  for  these  tests 
is  not  the  GFE  Quad  Diversity  Simulator  but  is  a  CNR  built 
interference  simulator.  Figure  3.13  shows  a  block  diagram  of 
this  simulator.  The  70  MHz  IF  output  of  the  modulator  is  summed 
with  a  noise  signal  prior  to  being  passed  to  the  demodulator. 

The  70  MHz  noise  signal  is  gated  by  a  mixer  before  summing  with 
the  data  signal.  The  mixer  is  controlled  by  a  pulse  generator 
allowing  noise  pulses  of  widths  50  ms  to  500  ms  to  be  generated. 

A  manual  trigger  is  used  for  this  pulse  generator. 

3.4.2  Pulse  Interference  Test  Procedure 


(1)  Set  proper  parameters  into  modem  and  coding  equipment, 
i.e.,  separation  48  ms  (08),  proper  code,  filter,  etc. 

(2)  With  noise  off,  synchronize  modem,  decoder,  then  test 
set.  System  should  be  error  free. 

(3)  Turn  noise  on  and  verify  a  507,  error  rate  during  noise 
pulses.  This  can  be  accomplished  by  setting  the 
pulse  generator  to  an  arbitrary  pulse  with  (T  )  and 
adjusting  the  noise  level  such  that  the  following 
number  of  raw  errors  (Ng)  is  generated  by  each  pulse. 
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igure  3.6  Performance  over  an  Additive  Gaussian 
Noise  Channel 
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Figure  3.7  Performance  over  a  Flat  Facing  Channel 
with  1  Hz  RMS  Doppler  Spread 
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Figure  3.8  Performance  over  a  Flat  Fading  Channel 
with  10  Hz  RMS  Doppler  Spread 


3-21 


I'KOKAKi  I.1TY  OK  I.KKOH 


•  MODEM 

£■  HARD  DECODING 
.  SOFT  DECODING 


■>  5  'id'  15  ‘  *  “:0  “  25  ‘  'D 

SIGNAL-TO- NOISE  RATIO  (dB) 


Figure  3.9  Performance  over  a  Fading  Channel  with 

Multipath  Profile  3  and  1  Hz  RMS  Doppler 
Spread 
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Figure  3.10  Performance  over  a  Fading  Channel  with 

Multipath  Profile  3  and  10  Hz  RMS  Doppler 
Spread 
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Figure  3.11  Performance  over  a  Fading  Channel  with 
Multipath  Profile  5  and  1  Hz  RMS 
Doppler  Spread 
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Figure  3.12  Performance  over  a  Fading  Channel  with 
Multipath  Profile  5  and  10  Hz  RMS 
Doppler  Spread 
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FADING  PROFILE  5  10  Hz  TEST 
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Figure  3.13  Pulse  Interference  Test  Setup 


V 


N  =  16  x  103 

x  T  x  0 . 5 

e 

P 

(4) 

Make  sure  all 

units  are  still  in  sync. 

(5) 

Set  the  pulse 

width,  T  ,  to  50  ms. 

P 

(6)  Set  the  decoder  for  hard  decoding. 


(7)  Reset  error  counters. 

(8)  Trigger  pulse  generator  10  times  waiting  approximately 
five  seconds  between  each  trigger. 

(9)  Record  the  number  of  errors. 

(10)  Set  the  decoder  for  channel  measurement  decoding. 

(11)  Repeat  7  through  9. 

(12)  Repeat  6  through  11  for  pulse  widths  of  100,  140,  150, 
160,  200,  250,  280,  290,  300,  310,  320,  350,  400, 

450  ms . 

3.4.3  Pulse  Interference  Test  Results 

Table  3-11  lists  the  results  of  the  pulse  interference 
tests.  The  number  of  errors  listed  for  each  entry  is  the  total 
number  of  errors  after  ten  pulses  are  transmitted.  The  data  is 
plotted  in  Figure  3.14.  This  plot  is  on  semi-log  paper  and 
gives  the  average  number  of  errors  per  pulse  vs.  the  pulse  width. 

From  the  curve,  it  can  be  seen  that  hard  decoding  goes 
error  free  for  pulse  widths  below  140  ms  and  soft  decoding  for 
pulse  widths  below  280  ms.  At  a  separation  time  of  48  ms,  this 
corresponds  to  the  correction  of  three  errors  per  codeword  for 
hard  decoding  and  slightly  more  than  six  errors  per  codeword  for 
soft  decoding.  Even  for  larger  pulse  widths,  soft  decoding  main¬ 
tains  a  significant  advantage  over  hard  decoding. 
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PULSE  INTERFERENCE  TEST  RESULTS 
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Figure  3.14  Performance  with  Pulse  Interference 


SECTION  4 


CONCLUSIONS  AND  RECOMMENDATIONS  FOR  FUTURE  WORK 


The  experimental  results  obtained  during  this  effort  indi¬ 
cate  that  under  certain  conditions,  such  as  pulse  jamming, 
significant  gains  can  be  achieved  by  the  use  of  channel  measure¬ 
ment  decoding.  For  typical  multipath  profiles,  significant 
coding  gains  have  been  achieved  by  fairly  simple  binary  decoding 
techniques.  Unfortunately,  the  predicted  theoretical  gains  due 
to  the  use  of  channel  measurement  decoding  have  not  been  achieved 
by  the  experimental  results.  While  channel  measurement  decoding 
did  .offer  a  3-dB  gain  over  binary  decoding  for  flat  fading,  this 
gain  is  well  below  the  theoretical  prediction  of  7.2  dB .  Simi¬ 
larly,  for  multipath  profiles  3  and  5,  the  performance  gain 
obtained  from  the  use  of  channel  measurement  decoding  was  small 
and  well  below  the  expected  theoretical  gain  of  3.4  dB  predicted 
in  Section  2.2  The  discrepancy  between  the  theoretical  and 
experimental  results  is  still  an  open  question,  which  may  be 
resolved  by  future  work  in  this  area.  Modifying  an  existin'* 
troposcatter  demodulator  to  extract  meaningful  channel  measure¬ 
ment  information,  as  was  done  on  this  contract,  is  not  an  effec¬ 
tive  way  to  resolve  these  issues.  Indeed,  one  of  the  important 
conclusions  of  this  work  is  that  one  must  consider  the  abstrac¬ 
tion  of  channel  measurement  information  during  the  start  of  the 
demodulator  design.  It  is  believed  that  in  a  fresh  design  of  a 
troposcatter  modem,  the  performance  gains  due  to  the  use  of 
channel  measurement  decoding  will  be  significantly  greater  than 
the  experimental  results  obtained  during  this  contract. 
Furthermore,  the  significant  performance  gains  in  the  presence 
of  pulse  jamming  indicated  that  a  new  modem  design  can  be  very 
attractive  for  ECCM  applications . 
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